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Abstract 
This paper describes a procedure to estimate the speech-reception 
thresholds (SRTs) of individual hearing impaired listeners in a rapid, 
yet highly reliable manner. The test was developed as part of a test 
battery to evaluate and compare hearing aid performance, but has 

potential for use in clinical audiometry. The test uses a set of six 
spondaic words, selected to be homogeneous with respect to the 
probability of being identified by the listener in a given level of 
multi-talker babble. The level of the speech signal is adjusted from 
trial to trial, using an adaptive tracking procedure, so that the SRT 
corresponding to the desired identification probability level can be 
determined rapidly. On each trial, the response alternatives are pre
sented on the screen of a computer monitor, and the listener makes a 
response using a computer mouse. The listener's response is recorded 
automatically by the computer, and the signal level for the next trial 
is then adjusted by the computer, according to rules specified in the 
adaptive algorithm. The test has been applied successfully to evaluate 
hearing aid circuitry with young and elderly hearing impaired listeners. 

Resume 
Le present document deerit une methode d' evaluation rapide et tres 

ftable du seuil du reception de la parole pour les personnes ayant des 

troubles auditifs. Le test a ete con!;u pour faire partie d' un ensemble 

de tests visant a evaluer et a comparer le rendement des protheses 

auditives, mais it peut egalement etre utilise en audiometrie dinique. 

Le test utilise un ensemble de six .Ipondees, choisies defa!;on homo

gene quant cl la probabilite d' fire identifie par un auditeur en 

presence de bruits de fond. Le niveau du signal sonore est ajuste d' un 

essai a l' autre, en se servant d' une methode de controle adapree pour 

que le seuil correspondant au niveau probable d' identification desire 

puisse fire determine rapidement. Lors de ehaque essai. des choix de 

reponses apparaissent a un ecran d' ordinateur, et la person ne qui 

eeoute se sert d' une sour/s pour donner sa reponse. La reponse est 

enregistree automatiquement par l' ordinateur. et le niveau du signal 

sonore est alors ajuste par l' ordinateur pour l' essai suivant, selon 

les reglements preserits par /' algorithme adaptatif. Le test a ete 

utilise avec sueces pour evaluer les circuits des protheses auditives 

des handicapes auditifs jeunes et vieux. 
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This paper reports one aspect of a project to develop proce
dures to assess amplification devices along both acoustic and 
perceptual dimensions. Such assessments require efficient 
(that is, relatively fast), yet highly reliable speech testing 
materials to quantify differences among hearing aids. Both 
threshold and supra-threshold measures of intelligibility are 
needed. 

While many speech audiometry tests are available, most 
of these were developed for very specific, clinical applica
tions (Olsen & Matkin, 1979, provide an overview of the 
objectives of speech audiometry; alternative approaches to 
speech audiometry and contemporary procedures used in var
ious countries are reviewed by Martin, 1987). There are tests 
that can be administered relatively quickly-for example, 
those using 25 monosyllabic words or live-voice speech re
ception threshold tests-but they are too insensitive to differ
entiate among all but the most extreme differences in 
performance (Thornton & Raffin, 1978). Unfortunately, tests 
that are more reliable, in particular those using pre-recorded, 
calibrated stimuli and those having more test items, such as 
multi-list PB tests, require considerable time to administer 
and are unsuited to automated stimulus delivery and scoring 
procedures. Therefore, they are not particularly well-suited to 
being included in a battery of tests. 

Practice effects are a further concern in evaluation be
cause listeners typically are tested under a variety of amplifi
cation conditions; for this reason, test materials must be such 
that listeners show little or no improvement with practice at 
the task. Tests must also be easy to explain to listeners and 
learned readily. Finally, it is desirable to have a testing proce
dure automated as fully as possible in order to make the test 
as efficient as possible, to minimize the possibility for human 
error, and to make the best possible use of the clinical 
researcher's time. 

To meet these various demands, a modified speech re
ception threshold (SRT) test was developed that uses an 
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Figure 1. Scores obtained for 15 spondaic words as a function of the overall performance 
level. 
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adaptive tracking paradigm and is scored automatically by 
computer. This test was designed to add a threshold measure 
of speech reception to a battery of speech intelligibility tests 
that included suprathreshold measures of word and phoneme 
discrimination, and listener judgements of the intelligibility 
and quality of speech, all of which are used for making 
comparisons among hearing aid circuits. 

The adaptive SRT procedure uses the modified adaptive 
tracking algorithm developed by Levin (1971). This proce
dure is adaptive in the sense that the level of the speech is 
determined by the correctness of the listener's previous re
sponse(s). This approach to testing is consistent with that of 
several previous investigations that have assessed the effects 
of noise on speech perception in normal hearing and hearing 
impaired listeners and that have compared the perception of 
speech processed by different hearing aid circuitry (e.g., 
Dirks, Morgan, & Dubno, 1982; Plomp & Mimpen, 1979; 
Van Tasel\, Larsen, & Fabry, 1988; Van Tasell & Yanz, 1987). 

One prerequisite for optimizing the efficiency of the 
adaptive tracking algorithm is to ensure that test items are 
homogeneous with respect to their difficulty at all perfor
mance levels that may be covered during an adaptive track. 
This means not only that the audibility thresholds (usually 
defined as the level at which 50% of the words would be 
correctly identified) must be similar for all items, but also 
that all other points on the performance-intensity function 
must be the same for all items. 

Lists of test items that satisfy the former criterion, when 
the listening task is conducted in quiet, have been published 
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and used extensively (e.g., ASHA, 1988). However, no list of 
test items that satisfy the latter criterion exist, nor is there a 
list of test items that have the same audibility thresholds 
when listening in babble noise. This is an important concern 
given the long-term objectives of the present work-the com
parative evaluation of new and existing hearing aid cir
cuitry-because the inability to understand speech in a noise 
background is a common complaint of many hearing im
paired listeners. Moreover, the need for test items with sim
ilar performance-intensity curves is heightened when using 
adaptive step sizes smaller than the 5 dB step that usually is 
used clinically. For example, when comparing different hear
ing aid frequency responses, SRT differences much smaller 
than 5 dB might be expected (e.g., Van Tasell, Larsen, & 
Fabry, 1988). 

The remainder of this paper will describe how a set of 
spondees that meet these two criteria for listening in noise 
were selected and how the adaptive SRT has been applied. In 
view of their widespread use, easy availability, high face 
validity, and neutral pronunciation, spondaic words and bab
ble noise recordings from the Auditec catalog were selected 
for use in this study. 

Test Development 

Establishment of Homogeneity 

Olsen and Matkin (1979) published a summary of six at
tempts to identify a subset of spondees that were homoge
neous with respect to their thresholds of audibility. Each of 
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Figure 2. Scores obtained for 10 spondaic words as a function of the overall performance 
level. 

100 

90 • airplane 

....-.. 80 0 birthday 
• eardrum 

~ 70 "-" 
0 hardware ... northwest 

(J) 
60 L-

0 

... playground 
A sidewalk 

u 50 
(I) 

\1 stairway 

• sunset 

E 40 <> whitewash 
Cl> - 30 

20 

10 

0 
1-39 40-59 60-79 80-99 

Overall score (%) 

the research studies identified different words; only four 
words (birthday, iceberg, northwest, and railroad) were iden
tified as homogeneous by all six studies. This result is not 
particularly surprising because the relative intelligibility of 
the words will depend on the test conditions. sound delivery 
system. and type of masking noise used. However, as a start
ing point. the 15 words that were identified most frequently 
by the six researchers as being "satisfactorily" homogeneous 
(birthday, iceberg, northwest, railroad, playground, stairway, 
airplane. armchair, eardrum,farewell, hardware, mousetrap, 
sidewalk. sunset, and whitewash) were selected for further 
examination in the present work. 

Auditec recordings of these 15 spondees were low-pass 
filtered at 8 Khz and digitized at a sampling rate of 20 Khz 
using a 16 bit analog-to-digital converter (Ariel DSP-16), 
edited using CSRE software (Jamieson, Ramji, & Nearey, 
1989), and stored for later use. Speech testing was conducted 
in the sound field in a double-walled lAC sound attenuating 
booth. Auditec recordings of multi-talker babble were used as 
the noise source and mixed with the speech for presentation 
by a speaker located 115 cm in front of the listener. The noise 
level remained constant at 65 dBA and the level of the speech 
was adjusted. The speech levels were individually chosen for 
each listener so a performance-intensity (or psychometric) 
function was obtained that ranged from perfect performance 
(operationally defined as better than 95% correct) to unintel
ligible (defined as poorer than 20% correct). Listeners were 
tested at seven signal-to-noise ratios (SIN). Eight normal hear
ing listeners (aged 21-42), who were employees and graduate 
students in the Department of Communicative Disorders, passed 
pure tone threshold screening at 20 dB HL (ANSI, 1969). 
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Spondees were presented from disk via a digital-to-ana
log converter (DSP-16) and low-pass filtered at 8 kHz, with 
the presentation level controlled by a programmable attenua
tor and an Amcron D-75 amplifier. Spondees and taped 
multi-talker babble were mixed using a Shure M267 mixer 
before being fed through another Amcron amplifier to the 
speaker. Listeners were seated in a modified dental chair that 
had an adjustable neckrest. They were asked to keep their 
heads steady, resting against the neckrest to minimize the 
effect of head motion on the signal level. Each of the 15 
spondees was played twice at each SIN. Following each stim
ulus presentation, the response alternatives were displayed on 
the screen of a computer monitor placed immediately below 
the speaker. Listeners used a computer mouse to move a 
pointer that indicated which word on the screen they had 
heard and then pushed a button to select their response. After 
a response was made, the next word was presented automati
cally. After 30 trials (15 spondees x 2 presentations) were 
completed, the speech level was changed and a new set of 
trials commenced. 

The results were analyzed to determine how well each 
spondee was identified when compared with the overall per
formance for all 15 spondees. The overall performance was 
categorized into four performance levels: 39% correct or less, 
40-59% correct, 60-79% correct. and 80% or more correct. 
At each of these performance levels, the scores were then 
computed for each individual spondee. Figure 1 displays the 
result of plotting these scores for individual items as a func
tion of the overall performance level. As can be seen, some 
spondees were readily identified, even when overall perfor
mance was poor, whereas others were difficult to identify, 
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even when overall performance was very high. For example, 
identification of the word railroad stayed below 50% even 
when performance on the entire set of items was above 80%. 

To develop a set of more homogeneous words, the five 
words that least reflected the overall performance levels were 
eliminated, and the evaluation sequence was repeated using 
only the remaining 10 spondees. The results with this smaller 
set are plotted in Figure 2. Four more words were elimi
nated-two (eardrum and sunset) that had item scores that 
were better than the overall score and two (side walk and 
stairway) that had lower item scores than the overall score. 
This process of elimination was used to maximize the rela
tionship between performance on an individual test item and 
overall performance levels. The six remaining spondees (air
plane, birthday, hardware, northwest, playground, and white
wash) were used in the subsequent adaptive testing procedures. 

Adaptive Testing 

For adaptive testing, the six spondaic words were used. The 
level of the noise was held constant, while the level of the 
speech varied according to the adaptive tracking algorithm. 
Following each trial, subjects selected the word they heard 
from a screen display. Each response made by a subject was 
either correct (i.e., the word presented was selected) or incor
rect. Levitt's (1971) adaptive tracking algorithms can be used 
to track a variety of response levels. For example, for the 
50% correct response level, the signal level is decreased after 
each correct response (to make the task more difficult and 
move down the psychometric function) and is increased after 
each incorrect response (to make the task somewhat easier, 
moving up the psychometric function). By a series of approx
imations, the method thus converges on the 50% point, at 
which the probability of moving up the performance-inten
sity function equals the probability of moving down. A level 
of 70.7% correct was selected for several reasons. First, with 
the noise level constant, the algorithm increases speech levels 
after every incorrect response and decreases the level after 
two correct responses. The tracking algorithm is com
putationally simple, but it seems to be relatively difficult for a 
naive listener to guess what the algorithm is doing. Second, 
subjects find it more enjoyable to participate when they per
form at 70.7% correct rather than at 50% or less because they 
are less likely to feel that they are merely guessing all the 
time and become discouraged. 

Words were presented initially at a level well above 
threshold. The level decreased in 3 dB steps after each two 
correct responses until an error was made. Subsequent adjust
ments were made in 1.5 dB steps. Speech stimuli were pre
sented until the speech level changes had reversed direction 
10 times. The speech levels of the last 8 reversals were averaged 
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to obtain a threshold estimate and a measure of response 
variability. 

The standard deviation of the 8 reversals was required to 
be less than or equal to 3 dB, otherwise the adaptive run was 
repeated. To ensure stability over trials, the final SRT esti
mate was taken as the mean of the threshold estimates ob
tained from two consecutive adaptive runs that also did not 
differ by more than 3 dB. These somewhat arbitrary criteria 
were judged to be appropriate for research purposes (e.g., 
Jamieson, Raftery, Cheesman, Ramji, & Keith, 1991). For 
other potential applications, fewer numbers of reversals may 
be obtained and/or different criteria for acceptable variability 
may be adopted. 

Test Application 

A typical testing session with a hearing aid begins by orient
ing the listener to the task in a 12-trial practice session during 
which each of the six spondees is presented twice at a favour
able SIN. This practice session permits subjects to become 
familiar with the six spondees and comfortable with the 
mouse and monitor response system. This procedure has been 
used with normal hearing young adults and pre-teen children, 
and with hearing impaired adults. All listeners have been able 
to learn to control the mouse during these 12 practice presen
tations, and the only special difficulty has been that one 
listener with very low vision was unable to see the words on 
the screen and could not complete the task. 

The SRT procedure described here is highly sensitive, so 
that relatively small differences in performance will be de
tected. As an example, to evaluate the test, monaural and 
binaural SRTs were compared to determine whether the test 
could detect the anticipated binaural advantage in quiet. A 
distinct effect was observed for SRT; thresholds for 14 young 
adult (aged 20-42) normal hearing listeners (pure tone thresh
olds <20 dB HL, ANSI 1969) were an average of 2.73 dB 
higher (t=6.45, p <.01) when one ear was plugged and muffed 
than when both ears were used. As discussed below, this is a 
listening situation in which higher variability of results might be 
expected simply on the basis of test item selection procedures. 

Because the test is automated, it is straightforward to 
administer accurately, and data are collected and scored auto
matically by computer. Because of the pre-specified criteria 
of acceptance, test-retest reliability is necessarily high-for 
the SRT to be acceptable, the standard deviation of the mea
surement cannot exceed 3 dB within any run and two succes
sive runs must fall within 3 dB of each other. 

Notwithstanding these strict criteria of reproducibility, in 
our preliminary testing, 15 older moderate to moderately-se-
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vere sensorineural hearing impaired listeners (aged 57-83 
years with a mean of 72 years; educational and employment 
status unknown) required an average of just 2.23 runs to 
reach criterion when they were tested in noise (s.d. = 0.36 
adaptive runs; range == 2-3 runs). In quiet, these listeners had 
more difficulty. requiring an average of 3.8 runs (s.d. == 1.9 
runs; range == 2-9 runs). This increased variability when lis
tening in quiet may be a result of the method used to select 
the test items because the homogeneity of the test items was 
determined in the multi-talker babble and not in quiet. If 
tested in quiet, or in other noises, alternative sets of spondaic 
words would likely be chosen (e.g., ASHA, 1988). In each of 
their test conditions, younger listeners have required fewer 
than 3 adaptive runs, on average, to reach criterion. Thus, an 
estimate of SRT for a given subject in any of the conditions 
studied to date can normally be obtained in 3-5 minutes. 
Given this result, the test is suitable for clinical use, even 
within the very tight time constraints imposed on many clini
cal environments. Further research is currently being initiated 
to test the variability of performance in a clinical setting. 

Cone I usions 

A modified version of an adaptive SRT procedure, designed 
to be used as part of a battery of speech tests, has been 
developed and found to meet design criteria. One demon
strated application of the procedure is in the evaluation of 
hearing aids in a laboratory environment (Jamieson et al., 
1991). The SRT described here is easy for subjects to learn 
and do, and it is fast, sensitive, and highly reliable. Subjects 
with a wide range of age and educational backgrounds have 
little difficulty with the task after only minimal practice, and 
they do not show significant changes in performance with 
repeated testing. Finally, testing and data collection are auto
mated to ensure that the algorithm is precisely implemented 
and that the tester's time is used to maximum advantage. 
Because of the computerized response mode, listeners re
quire moderately good corrected vision and manual dexterity. 

The advantages of the adaptive SRT approach extend 
well beyond the laboratory situations in which they have 
traditionally been applied (Lutman, 1987). As a consequence, 
this approach could find application in a variety of clinical 
situations. 
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